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Description 



The invention relates to a receiver having a signal 
path incorporating a tuner, a demodulator circuit for sup- 
plying a stereo multiplex signal comprising a baseband 
stereo sum signal (L+R), a 19 kHz stereo pilot and a 
stereo difference signal (L-R) which is double sideband 
amplitude-modulated on a suppressed 38 kHz subcar- 
rier, a sampler for converting an analog signal into a 
time-discrete signal and a stereo decoder for time-divi- 
sion multiplex decoding of a time-discrete stereo multi- 
plex signal into time-discrete left and right stereo sig- 
nals. 

A receiver of this type is known perse, for example, 
from the article "Digital Signal Processing type Stereo 
FM Receiver" by M. Hagiwara eta/., published in IEEE 
Transactions on Consumer Electronics, Vol CE-32, No. 
1, February 1986, pp. 37-43. 

In the known receiver a desired RF-FM reception 
signal is converted into an FM-I F signal by means of the 
tuner. This FM-IF signal is demodulated in the demod- 
ulator circuit. When being tuned to an FM stereo trans- 
mitter, the desired baseband modulation signal thus ob- 
tained comprises a stereo multiplex signal. Such a base- 
band stereo multiplex signal comprises a stereo sum 
signal (L+R) between 0 and 1 5 kHz, a stereo pilot at 1 9 
kHz and a stereo difference signal (L-R) which is double 
sideband amplitude-modulated on a suppressed 38 kHz 
subcarrier. In the known receiver this baseband modu- 
lation signal and hence the stereo multiplex signal are 
applied in a digitized form (Le. time and amplitude-dis- 
crete) to the stereo decoder which decodes the digital 
stereo multiplex signal into left and right stereo signals 
L and R. The sampler which may be arranged, for ex- 
ample, upstream or downstream of the demodulator cir- 
cuit or which may be incorporated in the demodulator 
circuit is used for the digitization. 

However, outside the frequency range of the stereo 
multiplex signal the baseband modulation signal may al- 
so comprise additional information such as, for exam- 
ple, radio data signals (RDS) and/or traffic transmitter 
identification (ARI) signals which are modulated on a 57 
kHz RDS carrier. In practice it appears to be necessary 
to filter the digital stereo multiplex signal before decod- 
ing this signal, inter alia to prevent aliasing of these ad- 
ditional signals. Due to the comparatively small frequen- 
cy space between the highest frequency in the stereo 
multiplex signal and the frequency range around said 
57 kHz RDS carrier required for said additional informa- 
tion, stringent selectivity requirements are imposed on 
the filters for selecting the stereo multiplex signal. Such 
filters are complex and difficult to integrate, which 
makes them comparatively expensive. 

It is an object of the invention to provide a receiver 
of the type described in the opening paragraph using a 
time-discrete signal processing in at least the stereo de- 
coder in which a time-discrete baseband stereo multi- 
plex signal is effectively selected and decoded with cir- 



cuits which can be very easily integrated. 

According to the invention, a receiver having a sig- 
nal path incorporating a tuner, a demodulator circuit for 
supplying a stereo multiplex signal comprising a base- 
5 band stereo sum signal (L+R), a 1 9 kHz stereo pilot and 
a stereo difference signal (L-R) which is double side- 
band amplitude-modulated on a suppressed 38 kHz 
subcarrier, a sampler for converting an analog signal in- 
to a time-discrete signal and a stereo decoder for time- 
io division multiplex decoding of a time-discrete stereo 
multiplex signal into time-discrete left and right stereo 
signals, is therefore characterized in that the stereo de- 
coder comprises a time-discrete halfband low-pass filter 
circuit having a finite impulse response and a substan- 
« tially constant group delay time, with a low-pass edge 
in the amplitude transfer characteristic cated in a tran- 
sition band which has at least a part in common with the 
frequency range of said modulated stereo difference 
signal and with a half-value transfer which is located at 
20 the frequency of said 38 kHz stereo subcarrier with re- 
spect to which the low-pass edge is substantially point- 
symmetrical, said receiver also including an interpola- 
tion circuit which is coupled to an output of the filter cir- 
cuit for converting time- sequential even and odd sam- 
25 pling values of the output signal of the filter circuit into 
time-sequential pairs of simultaneously occurring sam- 
pling values, and a dematrixing circuit coupled to the in- 
terpolation circuit for a linear combination of said pairs 
of sampling values and a compensation of the crosstalk 
30 between the left and right stereo signals caused by the 
filter circuit. 

A selective digital stereo decoder for use in such a 
receiver including a filter circuit for selecting the stereo 
multiplex signal as well as for reducing or decimating 
35 the sampling frequency of the stereo multiplex signal is 
known perse, for example, from European Patent Ap- 
plication no. 308,520. 

The low-pass edge of the filter circuit of this known 
stereo decoder is, however, comparatively steep so that 
40 this filter circuit is very complex and requires an output 
sampling frequency of 6 x 38 kHz. 

The invention is based on the recognition that a se- 
lection of the stereo multiplex signal without any notice- 
able loss of signal information on the one hand and a 
45 sufficient suppression of signals in the frequency range 
above that of the stereo multiplex signal on the other 
hand is possible with a comparatively weak selective 
low-pass filter by giving such a filter circuit a substan- 
tially linear phase transfer and by admitting a suppres- 
50 sion of the stereo signal in the stereo multiplex signal, 
which increases with the frequency in such a way that: 



a half-value transfer at the 38 kHz subcarrier is ob- 
tained, i.e. the filter circuit halves the amplitude val- 
ue of a 38 kHz input signal applied to the filter circuit, 
i.e. reduces it by 6 dB, and that 
a low-pass edge in the amplitude transfer charac- 
teristic of the filter circuit is obtained which with re- 
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spect to the point on this edge where said half-value 
transfer occurs is mainly symmetrical. A property 
thereof is that the low-pass filter circuit has a fre- 
quency-dependent amplitude variation in the tran- 
sition band, at which the sum of the frequency com- 
ponents located at frequency values substantially 
symmetrically around the 38 kHz subcarrier is sub- 
stantially constant and equal to the frequency com- 
ponents in the passband located in the transition 
band. 

When using the measure according to the inven- 
tion, not only the above-mentioned envisaged selection 
of the stereo multiplex signal to be decoded and the sup- 
pression of signals above the frequency range of the 
stereo multiplex signal is obtained with said time-dis- 
crete low-pass filter, but an improvement of the signal- 
to-noise ratio is also achieved with respect to the known 
stereo decoder. Moreover, it is sufficient to use a much 
lower output sampling frequency without any loss of sig- 
nal information than in said known case. 

The frequency-dependent suppression of the ster- 
eo difference signal caused by the low-pass filter circuit 
gives rise to a crosstalk defined by this suppression 
which can be simply eliminated by means of a suitably 
chosen linear signal combination so that a dematrixing 
of the left and right stereo audio signal is obtained. 

A preferred embodiment of a receiver according to 
the invention is therefore characterized in that the de- 
matrixing circuit comprises first and second dematrixing 
stages, in which both dematrixing stages a linear sum 
and difference combination of sampling values is real- 
ised. 

A further preferred embodiment, in which a correct 
dematrixing is possible with a comparatively simple cir- 
cuit configuration, is characterized in that the dematrix- 
ing circuit comprises first and second signal combina- 
tion stages, in which first signal combination stage a 
sum as well as a difference formation of the output signal 
samplings of the interpolation circuit is effected, which 
results in a sum signal and a difference signal, respec- 
tively, and in which second signal combination stage a 
sum and difference formation of said sum and difference 
signals is effected. 

A further preferred embodiment, in which a time 
alignment of even and odd sampling values of the output 
signal of the filter circuit required for a correct dematrix- 
ing is obtained in an effective way, is characterized in 
that the interpolation circuit includes an all-pass filter for 
an amplitude-independent phase shift of at least one of 
said even and odd sampling values of the output signal 
of the filter circuit, which phase shift compensates the 
phase difference between the even and odd sampling 
values. 

A further preferred embodiment is characterized in 
that the filter circuit comprises a delay compensation 
branch and a signal branch for separately processing 
even and odd input signal samplings, the delay compen- 



sation branch comprising a number of n cascade-ar- 
ranged delay circuits and the signal branch comprising 
a cascade circuit of first to (2n+1)th delay circuits, as 
well as parallel first to (n+1 )th coefficient multipliers, the 
5 output signal values of the first to (n+1 )th coefficient mul- 
tipliers being added to the signal samplings which are 
located time-symmetrically around the (n+1 )th delay cir- 
cuit, said filter circuit having an adder stage for mutually 
adding the output sampling values of the delay compen- 
10 sation branch, the (2n+1 )th delay circuit and the first co- 
efficient multiplier. 

When this measure is used, the filter circuit and a 
further decimation of the sampling frequency can be re- 
alised in a simple manner. 
is Moreover, the signal processing in such a filter cir- 
cuit also provides the possibility of using substantially 
all elements of said low-pass filter circuit in a simple 
manner for realising a high-pass selection. Said addi- 
tional signals above the frequency range of the stereo 
20 multiplex signal can then be selected in an effective 
manner, while the stereo multiplex signal can be sup- 
pressed to a sufficient extent. To this end the receiver 
according to the invention is preferably characterized by 
a halfband high-pass filter circuit which has the same 
25 half-value frequency, order and group delay time with 
respect to the low-pass filter circuit and which has a x 
high-pass edge in the amplitude characteristic located; . 
in a transition band which corresponds to that of the low- r . 
pass filter circuit, while it has the delay compensation* 
30 branch and the signal branch of the low-pass filter circuit 
in common and is provided with a differential stage for ; 
forming the difference between the output sampling val- 
ues of the delay compensation branch on the one hand 
and the sum of the output sampling values of the (2n+1 ) 
35 th delay circuit and the first coefficient multiplier on the 
other hand, an output of the differential stage also con- 
stituting an output of the halfband high-pass filter circuit. 

The invention will be described in greater detail by, 
way of example with reference to the Figures shown inr 
40 the drawings, which Figures only serve to illustrate the 
invention and in which corresponding elements have 
identical reference indications. 
In the drawings: 



45 



55 



Fig. 1 shows a receiver according to the invention; 
Fig. 2 shows a time-division multiplex stereo decod- 
er for use in a receiver as shown in Fig. 1 ; 
Fig. 3 shows the frequency spectrum of a stereo 
multiplex signal and the transfer characteristic of a 
time-discrete halfband low-pass filter circuit for use 
for a stereo decoder as shown in Fig. 2; 
Fig. 4 shows the frequency spectrum of a stereo 
multiplex signal at the output of a time-discrete half- 
band low-pass filter circuit. 

Fig. 1 shows a receiver according to the invention 
which is suitable for receiving radio frequency (RF) FM 
reception signals comprising a baseband modulation 
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signal which is FM-modulated on an RF carrier. 

This baseband modulation signal may comprise a 
number of components. A baseband modulation signal 
whose frequency spectrum is shown in Fig. 3 will be tak- 
en as an example. This Figure shows by means of curve 
C1 a stereo sum signal (L+R) located in a frequency 
range between 0 and 15 kHz, with f p being a 19 kHz 
stereo pilot, C2 being a stereo difference signal (L-R) 
double sideband amplitude-modulated on a suppressed 
38 kHz stereo subcarrier and located in a frequency 
range between 23 and 53 kHz, and C3 being a radio 
data signal (RDS) possibly combined with a traffic trans- 
mitter identification (ARI) signal in a 4.8 kHz band 
around 57 kHz. 

The stereo multiplex signal in the baseband modu- 
lation signal can be considered as a 38 kHz carrier wh ich 
is amplitude-modulated with one of the two stereo sig- 
nals, for example L, during the even half cycles (0-rc) 
and is amplitude-modulated with the other stereo signal, 
for example, R during the odd halfcycles (n-2n). It is 
known per se from the first-mentioned article that the 
stereo left and stereo right audio signals are directly de- 
coded from the stereo multiplex signal by means of a 
time-division multiplex decoding at the receiver end. 

The receiver shown comprises, consecutively cou- 
pled to an antenna input, a tuner T, a demodulator circuit 
FD, a sampler or A/D converter A/D, a time-division mul- 
tiplex stereo decoder SD, a mono-stereo selector MSS, 
a pilot filter PF, and an audio signal processing unit ASP 
which supplies left and right stereo audio signals to a 
left stereo loudspeaker LS and a right stereo loudspeak- 
er RS, respectively. The stereo decoder SD comprises 
a time-discrete halfband filter circuit QMF coupled to an 
input I of SD, which circuit functions as a time<Jiscrete 
halfband low-pass filter circuit (QMF l-SMO) between 
the input I and a stereo multiplex signal output SMO and 
as a time-discrete high-pass filter circuit (QMF l-RDO) 
between the input I and a radio data signal output RDO. 
The stereo decoder SD also comprises an interpolation 
circuit IC coupled to the signal output SMO, followed by 
a dematrixing circuit DEM. The radio data signal output 
RDO is coupled to a radio data signal processing unit 
RDS for processing a radio data signal. Dependent on 
the nature and the information in the received radio data 
signal, the radio data signal processing unit RDS may 
supply tuning control signals to the tuner T and/or realise 
a visual display of an RDS message. 

In the tuner T a desired radio frequency FM recep- 
tion signal in the frequency range between 88 and 108 
MHz is converted into an FM intermediate frequency 
(IF) signal, and after intermediate frequency selection 
and amplification it is demodulated into an analog base- 
band signal in the demodulator circuit FD. The base- 
band modulation signal described above becomes 
available in an analog form at the output of the demod- 
ulator circuit FD. This analog baseband modulation sig- 
nal is digitized in the A/D converter A/D in which use is 
made of a sampling frequency, hereinafter referred to 



as the first sampling frequency, which is a multiple of the 
19 kHz pilot frequency and is 152 kHz in a practical im- 
plementation. Due to the digital signal processing in the 
time-division multiplex stereo decoder SD a separate 
5 signal processing of the different signal components in 
the baseband modulation signal is of the greatest im- 
portance. In fact, it should be avoided that aliasing ef- 
fects and spurious signal response cause signal com- 
ponents of the data channel to reach the frequency 
10 range of the baseband stereo multiplex signal, and con- 
versely. Such a signal separation is obtained with the 
time-discrete halfband filter QMF which operates as a 
time-discrete low-pass filter circuit QMF (l-SMO) be- 
tween the input I and the stereo multiplex signal output 
is SMO. This will be further elucidated hereinafter. 

The low-pass selection in the time-discrete half- 
band low-pass filter (QMF (l-SMO) is followed by an in- 
terpolation in the interpolation circuit IC and a dematrix- 
ing in the left and right stereo audio signals in the de- 
20 matrixing circuit DEM. These left and right stereo audio 
signals L and R become available at first and second 
outputs of the dematrixing circuit DEM, which dematrix- 
ing circuit DEM also has a third output at which the ster- 
eo sum signal L+R is available. A mono/stereo selection 
25 is effected in the subsequent monstereo selector MSS. 
In the pilot filter PF 1 9 kHz interference components are 
suppressed, while in the audio signal processing unit 
ASP there is a digital/analog conversion and a possible 
audio signal amplification and tone control, followed by 
30 a sound reproduction via LS and RS. 

The clock frequencies required for the digital signal 
processing, which frequencies comprise those for the 
above-mentioned first sampling frequency, are coupled 
to the 1 9 kHz stereo pilot via a phase-coupled loop con- 
35 nected to the stereo multiplex signal output SMO. This 
phase-coupled loop comprises a multiplier stage M1 op- 
erating as a phase detector, a low-pass filter LP1 , a con- 
trollable oscillator VCO and a frequency-dividing circuit 
Dl V which is coupled to the first multiplier stage M1 via 
^0 a quadrature output. The frequency-dividing circuit DIV 
supplies a local 19 kHz stereo pilot at this quadrature 
output, which pilot is in phase quadrature with respect 
to the 19 kHz stereo pilot in the stereo multiplex signal 
supplied from the stereo multiplex signal output SMO. 
45 The frequency of the controllable oscillator VCO is cho- 
sen to be such that all clock and sampling frequencies 
required for the digital signal processing in the receiver 
can be derived therefrom by means of further f requency- 
dividing circuits which are not shown. 
50 The stereo multiplex signal output SMO is also cou- 
pled to a second multiplier stage M2 to which a local 1 9 
kHz in-phase stereo pilot is applied from an in-phase 
output of the frequency-dividing circuit DIV. The second 
multiplier stage M2 operates as a synchronous ampli- 
55 tude detector for the 1 9 kHz stereo pilot in the received 
stereo multiplex signal. The second multiplier stage M2 
applies a control signal to the mono-stereo selector 
MSS via a second low-pass filter LP2 for an automatic 
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mono-stereo change-over controlled by the received 1 9 
kHz stereo pilot. 

As already noted hereinbefore, an effective sup- 
pression of signal components above the frequency 
range of the stereo multiplex signal is of essential im- 
portance for a satisfactory stereo signal processing. 
Particularly for modulation signals which, as shown in 
Fig. 3, comprise RDS and ARI signal components, alias- 
ing effects and other perturbations may occur in the ster- 
eo audio signal owing to insufficient suppression of 
these components. For an effective selection of the ster- 
eo multiplex signal the time-discrete halfband low-pass 
filter QMF (l-SMO) has an amplitude transfer character- 
istic which is shown in Fig. 3 in an idealized form by 
means of curve C4. In contrast to the filter circuits hith- 
erto known, which have a low-pass edge in the ampli- 
tude transfer characteristic, located in a transition band 
between the highest frequency in the stereo multiplex 
signal and the lowest frequency of the RDS/ARI signal, 
the transition band of the low-pass edge in the amplitude 
transfer characteristic of the time-discrete halfband low- 
pass filter QMF (l-SMO) is located in the frequency 
range of the stereo difference signal (L-R) (curve C2) 
between 23 kHz and 53 kHz. Consequently, the slope 
of the low-pass edge of the low-pass fitter circuit (QMF 
l-SMO) may be considerably less steep than that of the 
known filter circuits so as to achieve an effective sup- 
pression of the signal components located in the fre- 
quency range above that of the desired stereo multiplex 
signal. As a result, the low-pass filter circuit (QMF I- 
SMO) may be of a comparatively low order (for example, 
of the fifth order) and operate at a comparatively low 
clock frequency, so that the low-pass filter circuit (QMF 
l-SMO) may have a simple circuit configuration. A fur- 
ther result is that stereo crosstalk occurs between the 
even and odd sampling values, occurring at a 76 kHz 
sampling frequency, of the stereo multiplex signal se- 
lected by the low-pass filter circuit QMF (l-SMO). Con- 
sequently, it is no longer possible to decode the left and 
right stereo audio signals directly from the selected ster- 
eo multiplex signal by means of the aforementioned 
known time-division multiplex decoding method, but a 
dematrixing operation is required to eliminate this cross- 
talk. This will be further elucidated hereinafter. 

To enable a linear dematrixing of the stereo multi- 
plex signal selected by the low-pass filter circuit (QMF 
l-SMO), the phase transfer of the low-pass filter circuit 
(QMF l-SMO) should be substantially linear in its range 
of operation, or in other words, the group delay time of 
the low-pass filter circuit (QMF l-SMO) should be sub- 
stantially constant. Moreover, the amplitude transfer in 
the passband should be substantially flat and in the fre- 
quency range of the low-pass edge, i.e. in the transition 
band, it should decrease with the frequency in such a 
way that a half-value transfer is obtained at the 38 kHz 
subcarrier and that the amplitude transfer characteristic 
is substantially symmetrical with respect to the point at 
which said half-value transfer occurs. The low-pass filter 



circuit (QMF l-SMO) therefore has the properties that 
the filter circuit reduces the amplitude value of a 38 kHz 
input signal component by half, i.e. by 6 dB, that it is 
sufficient to have an input or first sampling frequency of 

5 152 kHz and an output sampling frequency of 76 kHz 
and that the low-pass filter circuit in the transition band 
has a frequency-dependent amplitude variation, in 
which the sum of the frequency components is substan- 
tially constant at frequency values located substantially 

10 symmetrically around the 38 kHz subcarrier and is equal 
to the frequency components in the passband located 
in the transition band. 

Due to the selection in the low-pass filter QMF (I- 
SMO) a coherent signal addition of the lower and upper 

is sidebands of the stereo difference signal (i-r) is ob- 
tained, which is substantially half the amplitude of the 
original stereo difference signal (L-R). This results in a 
fixedly defined crosstalk of the stereo information which 
is carried by the original even and odd signal samplings. 

20 The following stereo signal combinations are obtained 
at the output SMO at a 76 kHz sampling frequency at 
the even and odd sampling instants: 





Instant: 


Stereo signal combination: 


25 


0 


(L+R)+(1-r)=3/2L+1/2R | 




, 1 


(L+R)-(1-r)=1/2L+3/2R 




2 


(L+R)+(1-r)=3/2L+1/2R. 


30 







The crosstalk between the left and right stereo sig- 
nals which is introduced into a stereo multiplex signal 
due to the suppression by the low-pass edge of the low- 
35 pass filter QMF(l-SMO) can be subsequently compen- 
sated by means of a simple linear signal processing op- 
eration. 

The low-pass edge is to start preferably after the 
highest frequency of the stereo sum signal (L+R) and 

40 before the lowest frequency of the stereo difference sig- 
nal (L-R) and should mainly exhibit a linear decay. Time- 
discrete halfband low-pass filters such as the filter QMF 
between the input I and the output SMO are known per 
seand can be dimensioned in such a way that they have 

45 phase and amplitude characteristics which are substan- 
tially linear and approximate the idealized curve C4 in 
Fig. 3 to a sufficient extent for a correct selection of the 
stereo multiplex signal. Such filter circuits are very suit- 
able for the above-mentioned selection of the stereo 

50 multiplex signal. 

Fig. 4 shows the frequency spectrum of a stereo 
multiplex signal after filtering by the low-pass filter QMF 
(l-SMO). This Figure shows that the FM triangular noise 
which increases quadratically with a frequency and is 

55 large, particularly in the upper sideband of the stereo 
difference signal, is additionally suppressed. As a result, 
the signal-to-noise ratio is improved as compared with 
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the aforementioned known receiver. 

The alternately successive even and odd sampling 
values of the selected stereo multiplex signal supplied 
by the filter QMF at the signal output SMO occur at a 
sampling frequency of 76 kHz, as has been noted here- 
inbefore. These even and odd sampling values are mu- 
tually shifted in phase in the interpolation circuit IC in 
such a way that they become simultaneously available 
at outputs of the interpolation circuit IC at a sampling 
frequency of 38 kHz. Such a signal processing operation 
can be realised by means of a known bireciprocal half- 
band filter. 

As already stated hereinbefore, the left and right 
stereo audio signals are subsequently dematrixed in the 
dematrixing circuit DEM by means of suitably chosen 
linear signal combinations. 

Fig. 2 shows a practical embodiment of a stereo de- 
coder for use as a time-division multiplex decoder of the 
stereo information in a receiver as shown in Fig. 1 . The 
time-discrete half band low-pass filter circuit QMF (I- 
SMO) is constituted by an 1 1 -tap symmetrical FIR (finite 
impulse response) filter of the fifth order which is known 
perse, for example, from the article "A trick for the de- 
sign of FIR halfband filters' by P.P. Vaidyanathan and T 
Q. Nguyen, published in IEEE Transactions on Circuits 
and Systems, Vol. CAS 34, No. 3, March 1987, pp. 
297-300. The filter circuit QMF has a delay circuit 30 via 
which the input I is coupled to a delay compensation 
branch 31 to 34, and a signal branch 1 to 5, 10 to 20 
and 35 to 40. The delay circuit 30 operates at a clock 
frequency which is equal to the first sampling frequency 
(152 kHz), while the other elements of the filter QMF 
operate at a clock frequency which is equal to half the 
value of the first sampling frequency (76 kHz). This pro- 
vides the possibility of delaying one of the even and odd, 
for example, the even input signal samplings and to 
process, in this example, the odd samplings in the signal 
branch, or conversely. The delay compensation branch 
incorporates four cascade-arranged delayed circuits 31 
to 34 and the signal branch incorporates a cascade cir- 
cuit of first to ninth signal delay circuits 35 to 43. Each 
delay circuit 35 to 43 is incorporated between a succes- 
sive pair from a series of adder circuits 10 to 19. For 
example, the first delay circuit 35 is incorporated be- 
tween adder circuits 1 0 and 1 1 , the second delay circuit 
is incorporated between the adder circuits 11 and 12, 
and so forth. Inputs of the adder circuits 10, 19; 11, 18; 
12, 17; 13, 16; 14, 15 are connected to outputs of first 
to fifth coefficient multipliers 1 to 5, respectively. Inputs 
of these first to fifth coefficient multipliers 1 to 5 are con- 
nected in common to the input I of the stereo decoder 
SD. Due to this structure the signal samplings located 
symmetrically with respect to time around the fifth delay 
circuit 39 are added to the output signal values of the 
first to fifth coefficient multipliers. An input of the adder 
circuit 10 is connected to a reference zero value, while 
an output of the adder circuit 1 9 is connected both to the 
adder circuit 20 and to an inverting input of an adder 



circuit 29 operating as a differential stage. An output of 
the delay compensation branch is connected to inputs 
of the adder circuits 20 and 29. Outputs of these adder 
circuits constitute the afore-mentioned stereo multiplex 
5 signal output SMO and the radio data signal output 
RDO, respectively. An amplitude transfer characteristic 
as is illustrated by means of curve C4' in Fig. 3 is ob- 
tained by means of a suitable choice of the coefficients 
or weighting factors of the coefficient multipliers 1 to 5, 
10 which curve approximates the desired amplitude trans- 
fer characteristic C4 closely enough for a correct oper- 
ation of the stereo decoder according to the invention. 

To understand the invention, a further elaboration 
on the operation of the filter QMF is not necessary and 
1S reference is made to the above-mentioned article. 

In the interpolation circuit IC subsequent to the filter 
QMF an alignment is realised of the even and odd signal 
samplings supplied by the filter QMF at the signal output 
SMO. The interpolation circuit IC is to realise an ampli- 
20 tude-independent phase shift of at least one of said even 
and odd sampling values of the output signal of the filter 
circuit QMF so that these even and odd sampling values 
are simultaneously available. To this end use can be 
made of a FIR (finite impulse response) or MR (infinite 
25 impulse response) filter. Such filters are known perse, 
for example from the article "The digital all-pass filter: a 
first versatile signal processing building block" by P.A. 
Regalia etaf., published in Proceedings of the IEEE, vol. 
76, no. 1, January 1988, pp. 19 to 32. 
30 The interpolation circuit IC, shown in Fig. 2, at the 
signal output SMO of the filter QMF has a delay branch 
44 and a signal branch 6, 7, 24 to 26,45. The delay com- 
pensation branch is provided with a delay circuit 44 
which operates at a clock frequency of 76 kHz. The sig- 
3S nal branch of the interpolation circuit IC includes a co- 
efficient multiplier 6 coupled to the signal output SMO 
and having an output connected to an inverting input of 
a first adder stage 24 operating as a differential stage, 
an output of which is connected to an inverting input of 
40 an adder stage 25 also operating as a differential stage 
and, via a second coefficient multiplier 7, to a non-in- 
verting input of a third adder stage 26 operating as a 
differential stage. An output of this third adder stage 26 
is connected to a non-inverting input of the adder stage 
45 25 and, via a delay circuit, to the non-inverting input of 
the adder stage 24 as well as to an inverting input of the 
adder stage 26. The circuits in the signal branch 6, 7, 
24 to 26,45 operate at a clock frequency which has half 
the value of the clock frequency of the delay circuit 44, 
so i.e. 38 kHz. The output of the delay circuit 44 and the 
output of the adder stage 25 constitute outputs of the 
interpolation circuit IC at which the even and odd signal 
samplings occur simultaneously at a sampling frequen- 
cy of 38 kHz. The interpolation circuit IC converts se- 
55 quentially occurring even and odd signal samplings into 
pairwise simultaneously occurring even and odd signal 
samplings by means of an amplitude-independent 
phase shift of the even input signal samplings with re- 
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spect to the odd ones, or conversely. The weighting fac- 
tor of the coefficient multiplier 6 has no function in the 
actual signal processing in the interpolation circuit IC, 
but mainly serves for optimum utilization of the available 
register length of the digital divider circuits of IC. Said 
phase shift can be adjusted to a desired value by means 
of the weighting factor of the coefficient multiplier 7. To 
understand the invention, a further elaboration on the 
operation of the interpolation circuit IC is not necessary 
and reference is made to the last-mentioned article. 

The dematrixing circuit has first and second signal 
combination stages for dematrixing the left and right 
stereo audio signal. The first and second signal combi- 
nation stages comprise adder stages 27,28 and adder 
stages 23,22 operating as differential stages which are 
coupled to outputs of the adder stages 27,28. If the out- 
put of the delay circuit 44 of the interpolation circuit is 
referred to as IC1 and the output of the adder stage 25 
of the interpolation circuit IC is referred to as IC2, then 
IC1 is connected to an inverting input of the adder stage 
27 via a coefficient multiplier 8 as well as to inputs of the 
adder stage 22 and an adder stage 21 . IC1 is also cou- 
pled to a non-inverting input of the adder stage 28. IC2 
is coupled to a non-inverting input of the adder stage 27 
via a coefficient multiplier 9. IC2 is also coupled to an 
inverting input of the adder stage 28, as well as to inputs 
of the adder stages 23 and 21 . Outputs of the adder 
stages 21 to 23 supply the baseband mono audio signal 
and the right stereo audio signal and left stereo audio 
signal, respectively. The coefficient multipliers 8 and 9 
multiply the sampling value applied to these coefficient 
multipliers by weighting factors of 1/2 and 2, respective- 
ly. These weighting factors are chosen to be such that 
they compensate the weighting factors introduced by 
the other coefficient multipliers of SD in the sampling 
values at IC1 and IC2 and simultaneously enable an ef- 
fective dematrixing of the left and right stereo audio sig- 
nals in DEM. 

As is evident from the foregoing, the inventive idea 
can also be worked out with different types of filter cir- 
cuits than the ones shown and the class of time-discrete 
half band low-pass filter circuits may very well provide 
digital or non-digital versions in which, for example, 
switched capacitors are used and which deviate in their 
form from the ones shown but whose operation corre- 
sponds to what the claims state with respect to their filter 
properties. 

The time-discrete ha If band filter QMF of the sym- 
metrical FIR filter type shown in Fig. 2 can easily be ex- 
tended to a high-pass filter by means of the adder circuit 
29. The filter circuit QMF has a transfer with a high-pass 
characteristic between the input I and the output RDO 
which is opposed to the low-pass characteristic illustrat- 
ed by means of curve C4 in Fig. 3. This provides the 
possibility of using the filter QMF also for selecting the 
radio data signal RDS and/or the ARI signal. 

In the embodiment of the time-discrete halfband fil- 
ter QMF shown a high-pass characteristic is easily ob- 



tained by means of the adder circuit 29. As is known 
from the article relating to this filter, the time-discrete 
halfband filter circuit QMF operating as a high-pass filter 
between the input I and the radio data signal output RDO 

s has the same half -value frequency, order and group de- 
lay time as the low-pass filter circuit, a high-pass edge 
in the amplitude characteristic located in a transition 
band which corresponds to that of the low-pass filter cir- 
cuit, and it has the delay compensation branch and the 

10 signal branch of the low-pass filter circuit in common. 
The high-pass filter circuit is provided with a differential 
stage for forming the difference between the output 
sampling values of the delay compensation branch on 
the one hand and the sum of the output sampling values 

15 of the (2n+1 )th delay circuit and the first coefficient mul- 
tiplier on the other hand. An output of the differential 
stage then also constitutes an output of the halfband 
high-pass filter circuit. 



20 

Claims 

1 . A receiver having a signal path incorporating a tuner 
(T), a demodulator circuit (FD) for supplying a ster- 

25 eo multiplex signal comprising a baseband stereo 
sum signal (L+R), a 1 9 kHz stereo pilot and a stereo 
difference signal (L-R) which is double sideband 
amplitude-modulated on a suppressed 38 kHz sub- 
carrier, a sampler (A/D) for converting an analog 

30 signal into a time-discrete signal and a stereo de- 
coder (SD) for time-division multiplex decoding of a 
time-discrete stereo multiplex signal into time-dis- 
crete left and right stereo signals, characterized in 
that the stereo decoder comprises a time-discrete 

35 halfband low-pass filter circuit (QMF l-SMO) having 
a finite impulse response and a substantially con- 
stant group delay time, with a low-pass edge in the 
amplitude transfer characteristic located in a tran- 
sition band which has at least a part in common with 

40 the frequency range of said modulated stereo dif- 
ference signal and with a half-value transfer which 
is located at the frequency of said 38 kHz stereo 
subcarrier with respect to which the low-pass edge 
is substantially point-symmetrical, said receiver al- 

45 so including an interpolation circuit (IC) which is 
coupled to an output of the filter circu it for converting 
time-sequential even and odd sampling values of 
the output signal of the filter circuit into time-se- 
quential pairs of simultaneously occurring sampling 

50 values, and a dematrixing circuit (DEM) coupled to 
the interpolation circuit for a linear combination of 
said pairs of sampling values and a compensation 
of the crosstalk between the left and right stereo sig- 
nals caused by the filter circuit. 

55 

2. A receiver as claimed in Claim 1 , characterized in 
that the interpolation circuit (IC) includes an all-pass 
filter for an amplitude-independent phase shift of at 
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least one of said even and odd sampling values of 
the output signal of the low-pass filter circuit, which 
phase shift compensates the phase difference be- 
tween the even and odd sampling values. 

3. A receiver as claimed in Claim 1 or 2, characterized 
in that the dematrixing circuit (DEM) comprises first 
and second dematrixing stages, in which two dema- 
trixing stages a linear sum and difference combina- 
tion of sampling values is realised. 

4. A receiver as claimed in any one of Claims 1 to 3, 
characterized in that the low-pass filter circuit (QMF 
l-SMO) comprises a delay compensation branch 
and a signal branch for separately processing even 
and odd input signal samplings, the delay compen- 
sation branch comprising a number of n cascade- 
arranged delay circuits (31-34) and the signal 
branch comprising a cascade circuit of first to 
(2n+1)th delay circuits (35-43), as well as parallel 
first to (n+1)th coefficient multipliers (1-5), the out- 
put signal values of the first to (n+1 )th coefficient 
multipliers being added to the signal samplings 
which are located time-symmetrically around the 
(n+1)th delay circuit, said filter circuit having an 
adder stage (10-19) for mutually adding the output 
sampling values of the delay compensation branch, 
the (2n+1)th delay circuit and the first coefficient 
multiplier (1). 

5. A receiver as claimed in any one of Claims 2 to 4, 
characterized in that an input of the interpolation cir- 
cuit (IC) is coupled to a first output (IC1) of the in- 
terpolation circuit via a delay circuit (44), the all- 
pass filter device comprises first to third adder stag- 
es (24,25,26) each having an inverting and a non- 
inverting input and an output, the input of the inter- 
polation circuit is connected to the inverting input of 
the first adder stage (24) via a first coefficient mul- 
tiplier (6), the output of said first adder stage is con- 
nected to the inverting input of the second adder 
stage (25) as well as to the noninverting input of the 
third adder stage (26) via a second coefficient mul- 
tiplier (7), the output of the third adder stage is cou- 
pled to the non-inverting input of the second adder 
stage as well as to the input of a further delay circuit 
(45), the output of said further delay circuit is con- 
nected to the non-inverting input of the first adder 
stage as well as to the inverting input of the third 
adder stage and the output of the second adder 
stage constitutes a second output (IC2) of the inter- 
polation circuit. 

6. A receiver as claimed in any one of Claims 3 to 5, 
characterized in that the dematrixing circuit (DEM) 
comprises first and second signal combination 
stages, in which first signal combination stage a 
sum as well as a difference formation of the output 
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signal samplings of the interpolation circuit is effect- 
ed, which results in a sum signal and a difference 
signal, respectively, and in which second signal 
combination stage a sum and difference formation 
of said sum and difference signal is effected. 

A receiver as claimed in Claim 3, 4 or 5, character- 
ized by a half band high-pass filter circuit (QMF I- 
RDO) which has the same half -value frequency, or- 
der and group delay time with respect to the low- 
pass filter circuit, and which has a high-pass edge 
in the amplitude characteristic located in a transition 
band which corresponds to that of the low-pass filter 
circuit, while it has the delay compensation and the 
signal branch of the low-pass fitter circuit (QMF I- 
SMO) in common and is provided with a differential 
stage for forming the difference between the output 
sampling values of the delay compensation branch 
on the one hand and the sum of the output sampling 
values of the (2n+1 )th delay circuit and the first co- 
efficient multiplier (1) on the other hand, an output 
of the differential stage also constituting an output 
(RDO) of the halfband high-pass filter circuit. 



Patentanspruche 



1 . Empf anger mit einer Signalstrecke, in der die nach- 
folgenden Elemente vorgesehen sind: eine Ab- 

30 stimmanordnung (T), eine Demodulatorschaltung 
(FD) zum Liefern eines Stereo-Multiplexsignals mit 
einem Basisband-Stereo-Summensignal (L+R), ei- 
nem 1 9 kHz-Stereo-Piloten und einem einem aus- 
getasteten 38 kHz Hilfstrager doppelseitenband- 

35 amplitidenaufmodulierten Stereo-Differenzsignal 
(L-R), eine Abtastanordnung (A/D) zur Umwand- 
lung eines analogen Signals in ein zeitdiskretes Si- 
gnal und einen Stereo-Decoder (SD) zur Zeitmulti- 
plex-Decodierung eines zeitdiskreten Stereo-Multi- 

40 plexsignats in zeitdiskrete Links- und Rechts-Ste- 
reo-Signale, dadurch gekennzeichnet , da3 der Ste- 
reo-Decoder mit einer zeitdiskreten Halbband-Tief- 
paBfilterschaltung (QMF l-SMO) mit endlicher Im- 
pulsstoBantwort und einer im wesentlichen kon- 

45 stanten Gruppenlaufzeit, mit einer TiefpaGflanke in 
der Amplituden-Ubertragungskennlinie in einem 
Ubergangsband liegend, versehen ist, das wenig- 
stens einen Teil mit dem Frequenzbereich des ge- 
nannten modulierten Stereo-Differenzsignals ge- 

so meinsam hat und mit einer Halbwertubertragung, 
die auf der Frequenz des genannten 38 kHz Stereo- 
Hilfstragers liegt, dem gegenuberdieTiefpaGflanke 
im wesentlichen punktsymmetrisch ist, wobei die- 
ser Empfanger zugleich mit einer Interpolations- 

55 schaltung (IC) versehen ist, die mit einem Ausgang 
der Filterschaltung gekoppelt ist zum Umwandeln 
zeitsequentieller geradzahliger und ungeradzahli- 
ger Abtastwerte des Ausgangssignals der Filter- 
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5. 



schaltung in zeitsequentielle Paare gleichzeitig auf- 
tretender Abtastwerte, sowie mit eineran die Inter- 
potationsschaltung gekoppelten Dematrizierungs- 
schaltung (DEM) zur linearen Kombination der ge- 
nannten Paare von Abtastwerten und zum Ausglei- s 
chen des durch die Fiiterschaltung verursachten 
Ubersprechens zwischen den Links- und Rechts- 
Stereo-Signalen. 

Empfanger nach Anspruch 1, dadurch qekenn- 10 
zeichnet , daB Interpolationsschaltung (IC) eine All- 
paBfilter aufweist fOr eine amplitudenunabhangige 
Phasenverschiebung wenigstens eines der ge- 
nannten geradzahligen und ungeradzahligen Werte 
des Ausgangssignals der TiefpaBfilterschaltung, is 
wobei die Phasenverschiebung die Phasendiffe- 
renz zwischen den geradzahligen und den unge- 
radzahligen Abtastwerte ausgleicht. 

Empfanger nach Anspruch 1 Oder 2, dadurch ge- 20 
kennzeichnet daB die Dematrizierungsschaltung 
(DEM) eine erste und eine zweite Dematrizierungs- 
stufe aufweist, wobei in den beiden Dematrizie- 
rungsstufen eine lineare Summen- und Differenz- 
kombination von Abtastwerten durchgefuhrt wird. 2s 

Empfanger nach einem der Anspruche 1 bis 3, da- 
durch qekennzeichnet , daB die TiefpaBfilterschal- 
tung (QMF l-SMO) einen Verzogerungsausgleich- 
zweig und einen Signalzweig aufweist zur getrenn- 30 
ten Verarbeitung geradzahliger und ungeradzahli- 
ger Eingangssignalabtastwerte, wobei der Verzo- 
gerungsausgleichzweig n kaskadengeschaltete 
Verzogerungsschaltungen (31 - 34) aufweist und 
der Signalzweig eine Kaskadenschaltung der er- 35 
sten bis zum (2n+1 ). Verzogerungsschaltung (35 - 
43), sowie parallelgeschaltete erste bis (n+1). Ko- 
effizientenmultiplizierer (1 - 5), wobei zu den in der 
Zeit symmetrisch um die (n+1). Verzogerungs- 
schaltung liegenden Signalabtastwerten bzw den 40 
Ausgangssignalwerten des ersten bis zum (n+1). 
Koeffizientenmultiplizierer hinzuaddiert worden 
sind, wobei diese Fiiterschaltung eine Addierstufe 
(10 - 19) aufweist zum gegenseitigen Addieren der 
Ausgangsabtastwerte des Verzogerungsausgleich- 45 
zweiges, der (2n+1). Verzogerungsschaltung und 
des ersten Koeffizientenmultiplizierers (1). 

Empfanger nach Anspruch 2 bis 4, dadurch qe- 
kennzeichnet , daB ein Eingang der Interpolations- so 
schaltung (IC) uber eine Verzogerungsschaltung 
(44) mit einem ersten Ausgang (IC1) der Interpola- 
tionsschaltung gekoppelt ist, wobei die AllpaBfilter- 
schaltung eine erste bis dritte Addierstufe (24, 25, 
26) aufweist mit je einem invertierenden und einen ss 
nicht-invertierenden Eingang und mit einem Aus- 
gang, wobei der Eingang der Interpolationsschal- 
tung Ober einen ersten Koeffizientenmultiplizierer 



(6) mit dem invertierenden Eingang der ersten Ad- 
dierstufe (24) verbunden ist, wobei der Ausgang der 
genannten ersten Addierstufe mit dem invertieren- 
den Eingang der zweiten Addierstufe (25) sowie 
uber einen zweiten Koeffizientenmultiplizierer (7) 
mit dem nicht-invertierenden Eingang der dritten 
Addierstufe (26) verbunden ist, wobei der Ausgang 
der dritten Addierstufe mit dem nicht-invertierenden 
Eingang der zweiten Addierstufe sowie mit dem 
Eingang einer weiteren Verzogerungsschaltung 
(45) verbunden ist, wobei der Ausgang der genann- 
ten weiteren Verzogerungsstufe mit dem nicht in- 
vertierenden Eingang der ersten Addierstufe sowie 
mit dem invertierenden Eingang der dritten Addier- 
stufe verbunden ist und der Ausgang der zweiten 
Addierstufe einen zweiten Ausgang (IC2) der Inter- 
polationsschaltung biidet. 

6. Empfanger nach einem der Anspruche 3 bis 5, da- 
durch qekennzeichnet . daB die Dematrizierungs- 
schaltung (DEM) eine erste und eine zweite Signal- 
kombinierschaltung aufweist, wobei in der ersten 
Signalkombinierschattung eine Summen- sowie ei- 
ne Differenzbildung der Ausgangssignalabtastwer- 
te der Interpolationsschaltungen durchgefuhrt wird, 
was zu einem Summensignal bzw. einem Differenz- 
signal fuhrt, und wobei in der zweiten Signal kombi- 
nierschaltung eine Summen- und eine Differenzbil- 
dung des genannten Summen- und Differenzsi- 
gnals durchgefuhrt wird. 

7. Empfanger nach Anspruch 3, 4 oder 5, gekenn- 
zeichnet durch eine Halbband-HochpaBfilterschal- 
tung (QMF l-RDO), die gegenuber der TiefpaBfifter- 
schaltung dieselbe Halbwertfrequenz, dieselbe 
Ordnung und dieselbe Gruppenlaufzeit hat und mit 
einer HochpaBflanke in der Amplitudenkennlinie in 
einem Ubergangsband, die der der TiefpaBfilter- 
schaltung entspricht, den Verzogerungsausgleich- 
zweig und den Signalzweig der TiefpaBfilterschal- 
tung (QMF l-SMO) gemeinsam hat und mit einer 
Differenzstufe versehen ist zum Bilden der Diffe- 
renz zwischen den Ausgangabtastwerten einer- 
seits des Verzogerungsausgleichzweiges und an- 
dererseits der Summe der Ausgangsabtastwerte 
der (2n+1 ). Verzogerungsschaltung und des ersten 
Koeffizientenmultiplizierers (1 ), wobei ein Ausgang 
der Differenzstufe zugleich einen Ausgang (RDO) 
der Halbband-HochpaBfilterschaltung biidet. 



Revendications 

1. Recepteur ayant un trajet de signal contenant un 
tuner (T), un circuit demodulateur (FD) pourdelivrer 
un signal multiplex stereo comprenant un signal de 
somme stereo en bande de base (G + D), un signal 
pilote stereo a 1 9 kHz et un signal de difference ste- 
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reo (G - D) qui est module en amplitude a bande 
laterale double sur une sous-porteuse de 38 kHz 
supprimee, un echantillonneur (A/D) pour convertir 
un signal analogique en un signal discret dans !e 
temps et un decodeur stereo (SD) pour decoder par 5 
multiplexage temporel un signal multiplex stereo 
discret dans le temps en signaux stereo de gauche 
et de droite discrets dans le temps, caracterise en 
ce que le decodeur stereo comprend un circuit de 
filtrage passe-bas a demi-bande discret dans le io 
temps (QMF l-SMO) ayant une reponse impulsion- 
nelle finie et un temps de retard de groupe sensi- 
blement constant, avec un flanc passe-bas dans la 
caracteristique de transfert Samplitude situee dans 
une bande de transition qui a au moins une partie 
en commun avec la plage de frequences dudit si- 
gnal de difference stereo module et avec un trans- 
fert de demi-valeur qui est situe a la frequence de 
ladite sous-porteuse stereo de 38 kHz par rapport 
a laquelle le flanc passe-bas presente en substance 
une symetrie ponctuelle, ledit recepteur compre- 
nant egalement un circuit ^interpolation (IC) qui est 
couple a la sortie du circuit de filtrage pour convertir 
des valeurs d'echantillonnage paires et impaires 
sequentielles dans le temps du signal de sortie du 
circuit de filtrage en paires sequentielles dans le 
temps de valeurs d'echantillonnage produites si- 
multanement, et un circuit de dematricage (DEM) 
couple au circuit d'interpolation pour effectuer une 
combinaison lineaire desdites paires de valeurs 
d'echantillonnage et une compensation de la 
diaphonie entre les signaux stereo de gauche et de 
droite due au circuit de filtrage. 

2. Recepteur selon la revendication 1 , caracterise en 
ce que le circuit d'interpolation (IC) comprend un fil- 
tre passe-tout pour un decalage de phase indepen- 
dant de I'amplitude d'au moins une desdites valeurs 
d'echantillonnage paires et impaires du signal de 
sortie du circuit de filtrage, ledit decalage de phase 
compensant la difference de phase entre les va- 
leurs d'echantillonnage paires et impaires. 

3. Recepteur selon la revendication 1 ou 2, caracteri- 
se en ce que le circuit de dematricage (DEM) com- 
prend un premier et un deuxieme etages de dema- 
tricage, dans lesquels est realisee une combinaison 
lineaire de somme et de difference des valeurs 
d'echantillonnage. 

4. Recepteur selon Tune quelconque des revendica- 
tions 1 a 3, caracterise en ce que le circuit de filtrage 
passe-bas (QMF l-SMO) comprend une branche de 
compensation de retard et une branche de signaux 
pour traiter separement des echantillonnages de si- 
gnaux d'entree pairs et impairs, la branche de com- 
pensation de retard comprenant un nombre de n cir- 
cuits a retard (31 a 34) agences en cascade et la 



branche de signaux comprenant un circuit en cas- 
cade du premier jusqu'au (2n+1 ) hme circuits a retard 
(35 a 43), ainsi que du premier jusqu'au (n+1)* me 
multiplicateurs de coefficients paralleles (1 a 5), les 
valeurs des signaux de sortie du premier jusqu'au 
(n+1) 6me multiplicateurs de coefficients etant ajou- 
tees aux echantillonnages de signaux qui sont si- 
tues symetriquement dans le temps autour du 
(n+1)® me circuit a retard, ledit circuit de filtrage 
ayant un etage additionneur (1 0 a 1 9) pour addition- 
ner mutuellement les valeurs d'echantillonnage de 
sortie de la branche de compensation de retard, du 
(2n+1)® me circuit a retard et du premier multiplica- 
teur de coefficients (1 ). 

Recepteur selon I'une quelconque des revendica- 
tions 2 a 4, caracterise en ce qu'une entree du cir- 
cuit d'interpolation (IC) est couplee a une premiere 
sortie (IC1 ) du circuit d'interpolation via un circuit a 
retard (44), le dispositif de filtrage passe-tout com- 
prend un premier a un troisieme elages addition- 
neurs (24, 25, 26) ayant chacun une entree inver- 
seuse et une entree non inverseuse et une sortie, 
l'entr6e du circuit d'interpolation est connectee a 
I'entree inverseuse du premier etage additionneur 
(24) via un premier multiplicateur de coefficients (6), 
la sortie dudit premier etage additionneur est con- 
nectee a I'entree inverseuse du deuxieme etage ad- 
ditionneur (25) ainsi qu'a I'entree non inverseuse du 
troisieme etage additionneur (26) via un deuxieme 
multiplicateur de coefficients (7), la sortie du troisie- 
me etage additionneur est couplee a I'entree non 
inverseuse du deuxieme etage additionneur ainsi 
qu'a I'entree d'un autre circuit a retard (45), la sortie 
dudit autre circuit a retard est connectee a une en- 
tree non inverseuse du premier etage additionneur 
ainsi qu'a I'entree inverseuse du troisieme etage 
additionneur et la sortie du deuxieme etage addi- 
tionneur constitue une deuxieme sortie (IC2) du cir- 
cuit d'interpolation. 

Recepteur selon I'une quelconque des revendica- 
tions 3 a 5, caracterise en ce que le circuit de de- 
matricage (DEM) comprend un premier et un 
deuxieme etages de combinaison de signaux sa- 
chant que, dans le premier etage de combinaison 
de signaux, une formation de somme et une forma- 
tion de difference des echantillonnages des signaux 
de sortie du circuit d'interpolation sont effectu6es, 
ce qui entraTne I'obtention d'un signal de somme et 
d'un signal de difference, respectivement, et que, 
dans le deuxieme etage de combinaison de si- 
gnaux, une formation de somme et une formation 
de difference dudit signal de somme et dudit signal 
de difference sont effectuees. 

7. Recepteur selon la revendication 3, 4 ou 5, carac- 
terise par un circuit de filtrage passe-haut a demi- 



15 

5. 



20 



25 



30 



35 



40 



45 



50 



10 



19 EP 0 512 606 B1 

bande (QMF i-RDO) qui a la m§me frequence de 
demi-valeur, le mdme ordre et le mfime temps de 
retard de groupe que le circuit defiltrage passe-bas, 
et qui a un flanc passe-haut dans la caracteristique 
d'amplitude situee dans une bande de transition qui s 
correspond a cede du circuit de filtrage passe-bas, 
tandis qu'il a la branche de compensation de retard 
^tla branche de signaux du circuit de filtrage passe- 
bas (QMF l-SMO) en commun et qu'il est pourvu 
d'un etage difterentiel pour former la difference en- 10 
tre les valeurs d'echantillonnage de sortie de la 
branche de compensation de retard, d'une part, et 
la somme des valeurs d'echantillonnage de sortie 
du (2n+1)® me circuit a retard et du premier multipli- 
cateur de coefficients (1 ), d'autre part, une sortie de is 
l'6tage difference! constituant Sgalement une sortie 
(RDO) du circuit de filtrage passe-haut a demi-ban- 
de. 
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